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(57) Abstract: A metbod and anangement are proposed for conq)ensating for intersymbol inteiference (ISI) in a multi-carrier trans- 
mission system. Con^nsation is based on the generation ot an estimate of the ISI tail and subtracting Ibis ftom the received signals. 
This is achieved by determining an estimate of the transmitted symbols at the receiver by filtering with a transfer function ( l/hot) that 
approximates the inverse of the channel transfer function for the carrier ficequendes used. Estimates of two consecutively transmitted 
symbols are used to generate a difference symboL When a string of zeros is Bppeoded to diis difference symbol and die whole is 
passed tfaiou^ a fflter (245) which has the same, or an q)iin>nmatm 
whidi is equivalent to that generated by the C(»isecutively transnutted symbob passed ow 
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Multi-canier transmission system 
Field of invention 

The invention relates to multi-carrier digital transmission systems and has 
particular relevance to discrete multi-tone or orthogonal frequency division 
multiplexed systems for use over digital subscriber lines or radio broadcast 
systems. 

Background art 

Digital subscriber line technologies, commonly tenned xDSL enable high- 
speed digital data to be transmitted down an ordinary phone line. The 
modulation scheme utilised for asynchronous DSL (ADSL) and proposed for 
veiy high speed DSL (VDSL) is discrete multi-tone modulation DMT. In this 
scheme, several carriers are quadrature amplitude modulated (QAM) at the 
same time and added together. Modulation can be achieved by performing an 
inverse fast Fourier transform (IFFT), witii fast Fourier transform (EFT) used 
for demodulation. The output from one IFFT calculation is tenned a discrete 
multi-tone symbol and is sent over the channel after digital to analogue 
conversion. A problem with normal telephone lines, which often comprise a 
simple twisted pair, is the frequency dependent attenuation and phase shift of a 
transmitted signal which result in the time dispersion or spread of the signal in 
time. This manifests itself as interference between adjacent symbols as one 
symbol is spread into a following symbol. The interference in one symbol is a 
combination of the interference due to a previously transmitted symbol, which 
is correctiy tenned the intersymbol interference ISI and tiie interference due to 
the symbol itself or the intercarrier interference. For the purposes of this 
document no distinction will be made between the sources of the interference 
and the tenn intersymbol interference or ISI wiU be used to designate the total 
effect of interference on a symbol. 
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ISI can be viewed as a transient or decaying 'tail' generated at the 
discontinuity where consecutive qrmbols meet Conventionally, the effects of 
ISI are mitigated by providing a guard interval in front of each symbol. The 
guard time typically contains a cyclic extension of the symbol. Specifically, a 
copy of the end of each symbol is added to the beginning of die symbol in the 
form of a cyclic prefix. The carriers are continuous fi-om the beginning of the 
cyclic prefix to the end of die symbol Thus any interference will be generated 
at the discontinuity between the start of the cyclic prefix and the end of the 
previous symbol. The lengths of cyclic prefixes vary according to the 
application, but typically consist of no more than 10% of die symbol. Longer 
guard intervals are unfavourable because they mtroduce a bandwidth penalty. 
If the dispersion on the channel is not too severe, die ISI transient generated at 
the boundary between symbols will terminate within the cyclic prefix, leaving 
the subsequent symbol intact However, the impulse response of the chaime], 
including filters in die transmitter and receiver can be very long, and often 
exceed die guard interval. Residual intersymbol interference will then occur 
which can severely impau- die quality of die received signals. 

In die article "Residual ISI Cancellation for OFDM widi Applications to 
HDTV Broadcasting" D. Kim and G. Stuber, TREE Journal on Selected areas 
in Communications Vol. 16, No. 8, October 1998, a technique for cancellation 
of residual ISI is discussed. An algoridim is proposed for removing die 
interference generated between consecutive symbols transmitted on a diannel. 
This includes die interference caused by the previous transmitted symbol, i.e. 
die inter-symbol interference (ISI), and die disturbance due to symbol itself 
i.e. the inter-carrier interference (ICI). The determination of interference 
requures knowledge of the transmitted symbols. This is achieved by making 
decisions about the transmitted symbols utiUsmg die received, decoded 
symbols diat have been comqited by the channel, with knowledge of the 
channel response. The estimated symbols are then converted back to die time 
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domain using IFFT and the ISI detennined and removed using the algorithm. 
The residual symbol is then reconverted the frequency domain using FFT and 
the decisions made. An iterative process dien follows to remove the ICL Since 
the decisions on the transmitted symbols may initially be erroneous, an 
iterative process is necessary to accurately determine the interference. This 
necessarily entails a large number of calculations, so diat the process as a 
whole demands very high processing power. 

Time domain equalizers TEQ are also used in the art to mitigate the ISI of 
symbols transmitted over a distorting channel. A time domain equalizer is a 
filter, generally a finite impulse response (FIR) filter and has the effect of 
shortening the impulse response of the channel. This can be achieved, for 
example, by cancelling the poles in the channel transfer function. By using a 
suitable algorithm, the channel impulse response can be made shorter than the 
cyclic prefix utilised. However, a drawback of TEQs is that both the noise 
and the signal are filtered. When a TEQ cancels the poles in the channel 
transfer fimction it will also attenuate some signal frequencies and amplify 
noise at other frequencies. The noise will leak into the side lobes of die fast 
Fourier transform in the receiver and degrade performance. Hence adapting 
the TEQ to minimise ISI will generally result in a sub-optimal signal to noise 
ratio. 

There is thus a need for a system which reliably mitigates the effects of 
intersymbol interferrace i^e leaving signal information undistuibed but is 
simple enough to be employed for a wide range of applications. 

SUMMARY OF INVENTION 

In a multi-carrier transmission system wherein digital symbols are transmitted 
over a transmission medium to a receiver, intersymbol interference is 
compensated for by generatmg an estimate of the ISI tail and subtracting this 
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from the received signals. This is achieved by detennining an estimate of the 
transmitted symbols by filtering the received symbols and then generating a 
transient from the estimates of two consecutively transmitted symbols. 
Preferably, the difference between the estimates of two consecutively 
transmitted symbols is formed and the resulting difference symbol used to 
generate the transient which replicates the transient generated between the two 
consecutive symbols. The transient is then subtracted from the second of the 
received symbols to remove interference. The filter function used to estimate 
the transmitted symbols is substantially an inverse of the transmission medium 
transfer fimction for the carrier frequencies used. The transient is likewise 
generated by filtering using a filter having a transfer fimction substantially the 
same as the transmission medium transfer fimction. When utilising the 
difference symbol to generate the transient the difference symbol is passed 
through the filter followed by a string of zeros. 

Obtaining estimates of the transmitted symbols by subjecting the received 
symbols to a simple filter fimction minimises the number of calculations in the 
tail generation process. The number of calculations is still finther reduced 
when a single difference symbol is utilised to generate tiie tail in place of two 
symbols. The processing power required for ISI cancellation is therefore small 
and acceptable for substantially all applications. Furthermore, depending on 
the accuracy of the filters and thus the estimates, ISI removal can be complete 
at all canier frequencies^ thus precluding die need for a guard interval 

BRIEF DESCRIPTION OF THE DRAWINGS 

Further objects and advantages of the present invention will become apparent 
from the following description of the preferred embodiments that are given by 
way of example with refermce to the accompanying drawings. In the figures: 
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Fig. 1 schematically depicts a miilti-channel transmission qrstem 

including parts of transmitting and receiving portions of DMT 
xDSL modems modified according to die present invention; 

Figs. 2a 

to 2b depicts symbolically the steps for generating a transient in 

accordance witii the present invention; 

Fig. 3 depicts an arrangement for estimating and cancelling ISI at a 
receiver in accordance with one embodiment of die present 
invention; and 

Fig. 4 depicts an arrangement for estimatiug and cancelling ISI at a 
receiver in accordance with an alternative embodiment of the 
present inventioa 

DETAILED DESCRIPTION OF THE DRAWINGS 
Fig. 1 shows a block diagram representing part of an end to end link of a 
ninlti-canier transmission system utilising discrete multi-tone modulation 
DMT with a transmitter 1 and receiver 2. In the present embodiment, it is 
assumed that the link includes at least part of a normal telephone line, which 
may include a twisted pair phone line. However, it will be understood that this 
arrangement may be used for a variety of other transmission media, including 
broadcast radio using orthogonal jfrequency division muhqilenng (OFDM), 
fw exanqrie. 

The transmitter 1 and receiver 2 depicted in Fig. 1 are preferably part of 
modems that support Digital Subscriber Line (DSL) transmission. Preferably 
these modems support eiflier ADSL (asynchronous DSL) or VDSL (Very 
high-speed DSL) modulation schemes, or any of Ae other modulation 
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schemes which fall under the collective term xDSL. However, it will be 
miderstood from the following description that the transmitter and receiver 
portions illustrated may be part of devices utilised for other applications, such 
as high definition television (HDTV) broadcast systems. 

The transmitter 1 incorporates several conq}onents including an encoder (not 
shown), a discrete multi-tone modulator 10, a cychc prefix adder 11a parallel 
to serial converter 12, a digital to analogue converter 13 and an analogue 
tiansmitter with high-pass filter 14. The encoder is connected upstream of tiie 
discrete multi-tone modulator 10 and serves to translate incoming bit streams 
into in phase^ in quadrature sequences for each of a plurality of sub-channels. 
These encoded sequences are input to tiie multi-tone modulator 10, \«iiich is 
preferably an BFFT modulator 10 that computes the inverse fast Fourier 
transform by an appropriate algoridun. The discrete multi-tone encoded 
symbols generated in the It t'l modulator 10 are then each cyclically extended 
by the addition of a cyclic prefix in CP circuitiy II. this is done by 
duphcating a number of samples at Hxe end of a symbol and adding these to 
the beginning of the symbol. The number of bits included in the cycUc prefix 
depends on the application and acceptable bandwidth penalty. Typically a 
cyclic prefix does not exceed 10% of a symbol. The parallel symbol 
sequences are then converted to a serial bit stream in a parallel to serial 
converter 12. The serial bit stream is then converted to an analogue si gnal with 
digital to analogue converto* 13, prior to transmission over the link by an 
analogue transmitter 14, whidi incorporates a high-pass filter for filtering out 
signals in the transmitter 1 that can mteifere with the POTS band. The signal 
is then sent over a channel 30 having a transfer function *h' to a remote 
location. At the receiver 2 positioned at the remote location, an analogue 
receiver 20, which also incorporates a high-pass filta- for filtering out noise 
from flie POTS band, receives the signal and inputs this into an A/D converter 
21 for digital conversion. The digital bit stream is then sent to the ISI 
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compensation block consisting of delay circuitiy 22, a time domain equalizer 
(TEQ).23, which may be a finite impulse response (FIR) filter, tail estimation 
circuitiy 24 and an adder 25. This block will be described in more detail 
bdow, however it should be noted that the time domain equalizer 23 is 
optional in this arrangement It is usefiil for equalizing the received signal, but 
is not necessary for reducing the ISI. The received symbols are tiien returned 
to parallel format in a serial to parallel converter 26. The cyclic prefix is 
discarded in CP removal circuitry 27 and the symbols are then demodulated in 
FFT circuitiy 28 which perfonns a fast Fourier transform, and decoded by a 
decoder (not shown). 

Turning now to Fig. 2, tiie ISI cancellation method according to the present 
invention is illustrated schematicaUy. Fig. 2a depicts two consecutive symbols 
A and B which are to be transmitted dovm a distorting channel. The channel 
causes dispersion of the signals and diils interference at the ovedap between 
the two symbols. This is illustrated here by a transient tail starting at the 
discontinuous carrier intei&ce between the end of ^bol A and the start of 
the cyclic prefix CP preceding symbol B. The tail extends beyond the cyclic 
prefix CP into symbol B. In accordance with the invention, it has been 
determined that a tail identical to that generated by consecutively transmitted 
symbols A and B will be generated by a symbol that is equal to the difference 
between symbols A and B, followed by zero. Fig. 2b illustrates how such a 
difference symbol D may be calculated from tiie two consecutive symbols A 
and B, It is assumed that each symbol is transmitted with a cyclic prefix, 
which is Ae duplicate of a fixed number of samples at the end of die symbol 
added to the beginning of the symbol. This would be added by CP circuitiy 1 1 
in the transmitt^ 1, for example. The cyclic prefix CP of symbol A is 
discarded. Symbol A is then delayed until the cyclic prefix CP of symbol B 
and the start of symbol B has arrived. An end of symbol B containing an 
equivalent number of samples to its cyclic prefix is not used for calculating the 
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differeace symbol. It will be understood that this disregaided end portion is in 
fact identical to tiie cyclic prefix, since it was used ia the transmitter to fonn 
tiie cyclic prefix in the CP ciicuitiy 11. This modified symbol B is subtracted 
&cm syjmbol A to form flie difference symbol D. As shown in Fig, 2c, y^en 
symbol D, followed by zeros (indicated by the continuous line) is passed 
through a filter having a transfer function which is the same as that of the 
channel 30, an exact copy of a tail generated by consecutive symbols A and B 
will be generated. If this process is carried out at die receiver, tiie tail can be 
isolated and used to cancel out the ISL 

While the tail estimation has been illustrated for symbols transmitted with a 
cyclic prefix CP, it will be understood that a cyclic prefix may not be 
necessaiy if the estimated tail is a good estimate of the tail generated between 
consecutive symbols transmitted across tiie channel, fa tiiis case, qrmbol A 
will be delayed by one symbol delay as before but tiie whole of reconstructed, 
or estimated symbol B will then be subtracted fifom A. 

An arrangement for performing tiiis cancellation is shown in Fig. 4. The 
arrangement includes the channel 30, the delay circuitry 22, the adder circuitry 
25 and a detail of tihe tail estimation circuitry 24 of Fig. 1. Those elements in 
Fig. 1 depicted between the channel 30 and the delay circuitry 22 are not 
shown here. The time domain equalizer drcuitry 23 of Fig. 1 is also not 
illustrated in Fig. 4, but it will be understood that TEQ circuitry can be 
included between the delay 22 and adder 25 circuits. 

Incoming symbols that reach the delay circuit 22 are held for a predetermined 
period of time to allow the corresponding transient to be generated in the tail 
estimation drcuitry 24. Tail estimation is synchronised with die received 
symbol streant When a tail has been generated, this tail is subtracted from die 
corresponding symbol (symbol B in Fig. 2a) in adder circuit 25. 
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In order to generate a tail that is substantially equivalent to that generated in 
flie channel 30, the receiver must have knowledge of the transmitted symbols. 
To this end, the tail estimation circuitiy 24 includes a first filter 241 having a 
transfer fimction 1/hest' that is substantially equal to the inverse of the channel 
transfer fimction h at least for the carrier frequencies utilised. In order to 
obtain a filter 241 with a transfer fimction 1/hest' that approximates the inverse 
of the transfer fimction h of the channel, this channel transfer fimction h must 
first be determined. 

A number of methods exist for determining the transfer fimction h of any 
specific channel. Id general a known sequence tx is employed, where t x is the 
sequence in the time domain and Tx is the known sequence in the frequency 
domain. One such method is illustrated in a flow chart in Fig. 3a. This process 
starts in step 100 with tiiie determination of the channel frequency response 
Hest Specifically, Ms step involves dividing a received signal Rx by the 
known transmitted signal Tx at each frequency in the frequency domain to 
determine the attenuation and phase shift representing the channel response in 
the frequency domain Hest Conversion to tiie time domain to obtain the 
estimated channel impulse response hest is accomplished by calculating the 
inverse fast Fourier transform of the determined frequency response Hest. 

A fiirdier method is ouflmed in flie article ""Residual ISI Cancellation for 
OFDM witii Applications to HDTV Broadcasting^ D. Kim and G. Stilber, 
IEEE Journal on Selected areas in Communications Vol. 16, No. 8, October 
1998. 

Normally the channel 30 is a non-minimum phase system, which means that 
the z-transform has zeros outside the unit circle. Naturally, this means that the 
inverse of such a chamiel will have poles outside the unit circle and 
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consequently be unstable. However, in accordance witii the present invention, 
the filter 241 does not need to be an exact inverse of a channel transfer 
function, but merely a good estimate of the inverted transfer function for the 
carrier frequoides utilised across the channel 30. Consequently if tiie channel 
transfer function has a null at a particular fi-equency, a carrier corresponding to 
Ais frequency will not be used. The flow chart in Fig. 3b illustrates a method 
of determining the impulse response 'g' of the filter 241 which approximates 
the inverse of the channel impulse response h. In the notation used pi^ously, 
g' is equivalent to l/hest*, that is the inverse of die channel response h for the 
frequencies utilised. This mediod starts in step 120 wherein the frequency 
response G of flie filter 241 is determined as the inverse of the channel 
fi^quency response for tihose frequencies that are utilised across the channel 
30. The channel frequency response utilised in this step is the estimated 
firequency response Hest calculated in step 100 of the flow chart of Fig. 3a. 
Thus the filter frequency response G is equal to 1/Hest for the frequencies 
used across die channel 30. All frequencies in 1/Hest that are not used by wy 
carrier can be set at an arbitrary value, for example zero. The filter impulse 
response g is fbm obtained in step 130 by calculating the inverse fest Fourier 
transform of G. 

Other methods may also be utilised for determining the filter impulse response 
g. It will be understood that once the channel 30 transfer fimction he« has been 
estimated using a suitable known sequence as in steps 100 and 110 of Fig. 3a, 
the desired transfer fimction l/h«, of the filter 241 is likewise known. The 
filter 241 can tiien be designed using standard filter optimisation approaches. 
If the channel transfer fimction is simple, the inverted transfer function can be 
obtained relatively easily for selected fluencies, i.e. die used carrier 
frequencies. One known approach that has been successfully qiplied to 
optimise die desired unknown filter 241 is minimising die mean square error. 
This method involves minimising the square difference between the frequency 
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response G of the filter and the inverted frequency response of the channel 
1/Hcst. By summing this squared difPermce over the firequencies used fj, the 
error function e is obtained, where 

e= 3*l/(Hest(«))"-G(fi)>^ 

By taking the derivative of e with respect to unknown coefficients gk and 
setting this equal to zero, Me/Mgk = 0, a system of equations is obtained that 
it is possible to solve. A number of algorithms for this purpose are known. 

With this method the length of the fQter, ie. the length of the filter 
coefiBcients, gk, can be chosen to have a suitable value. This differs fi-om the 
metiiod described above using the inverse fast Fourier transform (steps 120 
and 130 of Fig. 3), since in this case the filter will always be equal to the FFT 
length. 

Alternatively, a filter representing an inverse of the channel may be obtained 
by factorising the channel into a minimum phase system and a maximum 
phase system. To obtain an inverse of the channel, a symbol can then be 
filtered through &e inverse of the mmiTni ii n phase system and the result 
subsequently filtered backwards through flie reciprocal filter of the inverse of 
the maximum phase system. The reciprocal filter can be obtained by 
mirroring the poles or zeros in the unit circle. 

After generating estimates of the transmitted symbols, die symbol is passed to 
a delay circuit 242, where it is delayed for the length of one symbol plus the 
cyclic prefix. Simultaneously the symbol is input into an adder circuit 243 
which subtracts the ^bol from Ae previously estimated and delayed symbol 
in accordance with the schematic in Fig. 2b to generate a difference symbol. 
The difference symbol is then input into one of two filters 245 via a 
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corresponding switch 244. These filters 245 have a transfer function which is 
as close as possible to the channel transfer function. These filters can be 
designed using known methods as described above and wiU be finite impulse 
response (FIR) filters. As soon as the last sample of the difference symbol D 
has been input into a filter 245, the filter input is connected to a source of 
zeros by switch 244. The outputs of the filters 245 are selectively connected to 
an output which is coupled to adder circuitry 25 via a further switch 246. The 
transient is generated at the end of the difference symbol D, i.e. at the 
boundary between the end of the difference symbol D and the zeros whidi 
follow. Switch 246 is thus controlled to couple the filter 245 to Ac adder 25 at 
the moment when the difference symbol D has passed through the filter 245 
and the transient is ready to be output Both switches 243 and 246 are 
synchronised with the received symbols as shown by the dashed line 247. In 
the configuration illustrated in Fig. 3, each filter 245 is alternately connected 
to the adder 243 and to a zero source yiA the switch 244. Thus at any one time, 
one filter 245 will receive Ac difference symbol D fi-om the adder 243 while 
the other filter 245 receives zeros. This serves to streamline the process and 
reduce delays. It should be noted that the filters 245 need perform 
calculations only when fliey are coimected to the adder 243 via the switch 246. 
At aU other times they are inactive and are merely being filled with data. 

The filter 245 will preferably have a length, i.e. a delay, not greater ibm a 
single symbol. Thus at most a symbol length of zeros will follow die 
difference ^bol D into the filter 245. Generally, however, the start of the 
symbol D will not have any significant influence on the transient. Thus, since 
only the transient is of interest in this circuit, the filter need not accommodate 
a whole symbol but may be of a length sufficient to generate the transient. 
This greatly reduces the complexity of the filter. , 
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The complexity is still further reduced in an alternative embodiment according 
to the present invention as shown in Fig. 4. The arrangement shown in Fig. 4 
is almost identical to Fig. 3 and like parts are denoted by like reference 
numerals. This arrangement di£Eers from that of Fig. 3 in that only a single 
S filter having a transfer function best, which is as close as possible to the 
transfer function of the channel 30, is utUised. A buffer 248 is provided in 
place of one of the filters 245 for buffering the incoming difference symbols D 
while the filter 245 is being filled with zeros. Furthermore, no switch is 
provided at the input of the filter 245. histead the filter 245 is connected to a 
10 som'ce of zeros. The data stored in the buffer 248 is loaded into the delay 
element or registers of the FIR filter 245 in synchronisation with the received 
symbols as indicated by the dotted line 247. 

In the arrangements of Figs. 4 and 5, the operations performed by the first 
15 filter 241, which simulates the inverse of the channel 30, and unit comprising 
the del^ and adder circuits 242 and 243 are linear. It will thus be understood 
that the order of these two operations can be reva:^ed to the same effect 
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Claims: 

1 . In a multi-cairier transmission S3^em wherein digital symbols are 
transmitted over a transmission medimn (30) to a receiver (2), a method 
of compensating for intersymbol interference at flie receiver (2), 
characterised by: 

determining an estimate of the transmitted symbols utilising the 
received symbols, 

calculating a difference symbol (D) fix>m the estimates of two 
consecutively transmitted symbols (A, BX 
generating a transient signal utilismg said difference symbol (D), 
subtracting said transient signal from the second of said consecutively 
received symbols (B) to substantially cancel the inter-symbol 
interference generated between said symbols. 

2. A method as claimed in claim 1, characterised by filtering the received 
symbols with a filter transfer function that is essentially 
equivalent to the inverse of the transmission medium transfer function 
(h) at least for Ae carrier frequencies utilised, to determine an estimate 
of the transmitted symbols. 

3. A method as claimed in claim 1 or 2, further characterised by 
subjecting said difference symbol (D) to a filter function (hesO 
simulating tiie transfer function (h) of said transmission medium (30) to 
generate the transient signal. 

4. In a multi-camer transmission system wherein digital symbols are 
transmitted over a transmission medium (30) to a receiver (2), a method 
of compensating for mtersymbol interference at the receiver (2), 
characterised t^: 
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detemuning an estimate of the transmitted symbols by filtering the 
received symbols with a transfer function that is essentially 

equivalent to the inverse of the transmission medium transfer function 
(h) at least for the carrier fi^quencies utilised, 

generating a transient signal utilising the estimates of two consecutively 
transmitted symbols (A, B), 

subtracting said transient signal fi-om the second of said consecutively 
received symbols (B) to substantially cancel the inter-symbol 
interference generated between said symbols. 

A mediod as claimed in claim 4, characterised in that said transient 
signal generating step includes using a filter fimction (h^) simulating 
die transfer function (h) of said traiismission medium (30). 

A method as claimed in claim 4 or 5, characterised by 
calculating a difference symbol (D) firom the estimates of said two 
consecutively transmitted symbols (A, B) and 
subjecting said difference symbol (D) to a filter function (h^) to 
generate the transient signal. 

A method as claimed in claim 6, further characterised by q}pending a 
string of zeros to the difference symbol (D) and subjecting at least the 
boundary between the difference symbol and the string of zeros to the 
filter function (h^. 

A method as claimed in any one of claims 5 to 7, characterised in that 
each transmitted symbol includes a cyclic prefix (CP), and that said 
difference symbol calculating step includes: 
discarding die cyclic prefix (CP) of the estimated first transmitted 
symbol (A), retaining the cyclic priefix of the estimated second 
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transmitted symbol (B) and discarding an end of said second symbol 
(B) equal in length to the cyclic prefix to form a modified second 
symbol, 

subtracting tiie modified second symbol from the estimated first 
transmitted symbol (A) to form the difference symbol (D), 

In a multi-canier transmission system wherein digital symbols 
including a cyclic prefix (CP) are transmitted over a transmission 
medium (30) to a receiver (2\ a method of compensating for 
intersymbol interference at the receivw (2), characterised by: 
determining an estimate of the transmitted symbols utilising the 
received symbols, 

calculating a difference symbol (D) firom the estimates of two 
consecutively transmitted symbols (A, B) by discarding the cyclic 
prefix (CP) of the estimated first transmitted symbol (A), retaining the 
cyclic prefix of tiie estimated second transmitted symbol (B) and 
discarding an end of said second symbol (B) equal in length to the 
cyclic prefix to form a modified second symbol, 
subtracting the modified second symbol from the estimated first 
transmitted symbol, 

generating a transient signal utilising said diffidence symbol (D), 
subtracting said transient signal firom the second of said consecutively 
received symbols (B) to substantially cancel tiie inter-symbol 
interference generated between said symbols. 

A method as claimed in claim 8, characterised by filtering the received 
symbols with a transfer fimction (1/hest') that is essentially equivalent to 
tiie inverse of the transmission medium transfer fimction (h) at least for 
the carrier frequencies utilised to determine an estimate of the 
transmitted symbols. 
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A method as claimed in claim 9 or 10, further characterised by 
subjecting said difference symbol (D) to a filter function (h^) that 
simulates the transfer function (h) of said transmission medium (30) to 
generate the transient signal 

An arrangement for compensating for inter-symbol interference in a 
receiver (2) of a multi-cairier transmission system wherein digital 
symbols are transmitted over a transmission medium (30), characterised 
by including 

filter means (241) for generating an estimate of the transmitted symbols 
firom die received symbols, 

means (242, 243,244, 245) for generating a transient signal firom the 
estimates of two consecutively transmitted symbols (A, B), and 
means (25) for subtracting said transient signal firom the received 
symbols. 

An arrangement as claimed in claim 12, characterised ia that said filter 
means (241) for generating an estimate of the transmitted symbols from 
the received symbols include a filter (241) having a transfer function (g; 
1/hest') which qyproximales die inverse transfer function (1/h) of said 
transmission medium (30) at least for the carrier frequencies of the 
transmitted symbols. 

An arrangement as claimed in claim 12 or 13, characterised in that said 
transient generating means include means (242, 243) for calculating die 
difference (D) between the estimates of said two consecutively 
transmitted symbols (A, B), and 

means (244, 245) coupled to said difference calculating means for 
generating said transient signal from said difference symbol. 



wo 01/37474 



18 



PCT/SEOO/02264 



15. An anangement as claimed in daim 14, characterised in that the 
difference calculating means include delay means (242) for delaying a 
first estimated syooibol (A) with respect to die second estimated symbol 

5 (B). 

16. An anangement as claimed in claim 14 or IS, characterised in that said 
transient generating means further includes at least one filter (245) 
having a transfer function (b^sd which approxhnates the transfer 

10 function (h) of said transmission medimn (30) at least for tiie carrier 

frequencies of the transmitted symbols. 

17. An arrangement as claimed in any one of claims 14 to 16, characterised 
by means (244, 248) for coupling difference calculating means (242, 

15 243) with said filter (245) in synchronisation with die received 

symbols. 

18. An arrangement as claimed in claim 17, characterised in that said 
coupling means include buffering means (248) for buffering a 

20 calculated difference symbol (D) and transferring said buffered 

difference symbol (D) to said filter (245) in synchronisation with the 
received symbols. 

19. An arrangement as claimed in claim 17 or 18, characterised by means 
25 (244)for connecting an input of said filter (245) to a zero level. 

20. An arrangement as claimed in claim 17, characterised in that said 
coiqpling means include switching means (244) for alternately coupling 
said at least one filter (245) to said difference calculating means (243) 

30 and a zero level. 
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An airangement as claimed in claim 20, characterised in diat means 
(246) are provided at the output of the at least one filter (245) for 
selectively connecting the filter to the subtracting means (25) in 
synchronisation with the received symbols. 

An anangemCTt as claimed in any one of claims 12 to 21, characterised 
in that del^ means (22) are provided for delaying a received symbol 
until the corresponding transient signal has been generated. 

An airangement for compensating for inter-symbol interference in a 
receiver (2) of a multi-carrier transmission system wherein digital 
symbols are transmitted over a transmission medium (30), characterised 
1^ including 

means (241) for generating an estimate of the transmitted symbols ftom 
the received symbols, 

means (242, 243) for calculating the difference (D) between the 
estimates of said two consecutively transmitted symbols (A, B), 
means (244, 245) coupled to said difference calculating means for 
generating said transient signal fix)m said difference symbol, and 
means (25) for subtracting said transient signal firom the received 
symbols. 

An arrangement as claimed in claim 23, characterised in that said 
transient generating means includes at least one filter (245) having a 
transfer fimction (hesd which approximates the transfer fimction (h) of 
said transmission medium (30). 
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